Abstract-Analog domain cancellation has been considered as the most important step to mitigate self-interference (SI) in fullduplex (FD) radios. However, in FD multiple-input multipleoutput (MIMO) systems, this method faces a critical issue of complexity since the number of cancellation circuits increases quadratically with the number of antennas. In this paper, we propose a beam-based radio frequency SI cancellation architecture which uses adaptive filters to significantly reduce the complexity. Data symbols for all the beams are up-converted by auxiliary transmit chains to provide reference signals for all adaptive filters. Hence, the number of cancellation circuits becomes proportional to the number of transmit beams which are much smaller than that of transmit antennas. We then show that the interference suppression ratio in this architecture is neither affected by the number of beams nor transmit or receive antennas. Instead, it is decided by the performance of the adaptive filter. Simulations are conducted to confirm the theoretical analyses.
I. INTRODUCTION
Future generations of mobile communication networks are expected with many great advantages such as much faster data rate, much lower round trip latency, less power consumption and so on [1] . To enable these great features, multiple-input multiple-output (MIMO) beamforming and full-duplex (FD) are considered as key technologies [2] . In FD operations, transceivers can simultaneously transmit and receive signals on the same frequency band so that the throughput is doubled compared to half-duplex counterparts [3] . However, these great advantages come together with a critical issue of selfinterference (SI) which is the cross-talk between the co-located transmitter and receiver.
Self-interference can be mitigated through three stages in propagation domain, analog domain and digital domain [4] . Among them, analog domain cancellation has been proved as the most effective step because propagation approaches are limited by the size of devices, while digital domain cancellation is limited by the effective dynamic range of the analogto-digital converter [4] . For analog domain cancellation, the transmitted signal after the power amplifier is employed as reference signal whose phase and amplitude are modified to generate a cancellation signal which will subtract the SI at the input of the receiver. Some promising analog cancellation schemes can be found in [5] - [7] .
However, it is very challenging to implement analog domain cancellation in FD MIMO beamforming systems due to complexity. If a cancellation circuit is required for each pair of transmit and receive antennas, an N × N FD MIMO system will need N 2 cancellation circuits [8] . Therefore, digital beamforming has been used in [9] - [11] to exploit spatial suppression. As pointed out in [12] , this method reduces the transmission rate because some of the available spatial Degrees of Freedom are allocated for SI mitigation. Recent works have proposed analog domain cancellation for FD MIMO by a multi-tap architecture [12] - [14] or by precoding in digital baseband and additional transmit chains [15] . Since the channel state information is always required in these approaches, the FD MIMO has to operate in half-duplex modes sometimes to estimate the SI channel. In addition, since the complexity in the optimization problem depends on the cross-talk between a pair of transmit and receive antennas, the complexity of the digital signal processing algorithms increases quadratically with the size of MIMO systems [8] .
In this paper, we propose a beam-based SI cancellation structure which employs analog least mean-square loops (ALMS) presented in [7] as adaptive filters. Since the ALMS loop is purely implemented in the radio frequency (RF) domain, no complicated digital signal processing is required. However, when applied in FD MIMO systems, the reference signals for all ALMS loops are generated in a different way compared to [7] . Instead of obtaining from the RF transmitted signal after the power amplifier in the transmit chain, the reference signals in this structure is generated by up-converting the transmitted data for all beams with auxiliary transmit chains. In this way, the number of cancellation circuits is reduced significantly because the number of beams is usually much smaller than the number of antennas. This reduction is extremely helpful in massive FD MIMO. Stationary analysis is then applied to derive the SI and residual SI powers as well as the interference suppression ratio (ISR). By averaging over many realizations of SI channels, we show that the ISR is not affected by the number of transmit or receive antennas, but it is determined by the performance of the AMS loop which has been comprehensively investigated in [7] , [16] , [17] .
The rest of this paper is organized as follows. In Section II, the beam-based cancellation architecture for FD MIMO and the signal models are described. In Section III, SI and residual SI powers as well as ISR are derived and examined through stationary analysis. In Section IV, simulations are conducted to verify the theoretical analysis. Finally, conclusions are drawn in Section V.
II. SYSTEM DESCRIPTIONS

A. Beam-Based SI Cancellation
Consider an FD MIMO digital beamforming system with N transmit and M receive antennas in Fig. 1 . The transmit data symbol streams for K directions, denoted as s k (i), i = −∞, · · · , ∞, k = 1, · · · , K, are multiplied with the corresponding array vector a(θ k ) before added together and transmitted by N transmit chains. The vector of RF transmitted signals at N antennas at the time t is expressed as
where X n (t), n = 1, · · · , N are the baseband equivalents of these signals. The vector
T is expressed as
where a n (θ k ) = e 
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is the lowpass equivalent of the transmitted signal at the k-th direction and p(t) is the pulse shaping filter. Assuming that the data for each direction are independent, .i.e.,
where E{.} stands for ensemble expectation. Due to the FD operation, at the m-th receiver chain, there will present of the SI from the co-located transmitters z m (t), the desired signal s r m (t), and noise n m (t) with m = 1, · · · , M . To mitigate the SI, K adaptive filters are employed at each receiver chain. The reference signals for these adaptive filters are generated from K data streams by corresponding additional transmit chains which are assumed to be the same as those in the main transmission paths. The outputs from K cancellation circuits are added together to cancel the SI at the input of the considered receiver chain.
B. ALMS Loop
Each adaptive filter is implemented by an ALMS loop which uses a multi-tap mechanism as illustrated in Fig. 2 . Considering the k-th ALMS loop at m-th receiver chain, the reference signal generated by the auxiliary chain of the beam k-th is passed into the ALMS loop which includes L taps. At the l-th tap, the reference signal is delayed by (l−1)T d , where T d is the tap delay, before multiplied by the amplified residual signal d m (t). For simplicity, the losses caused by power splitters for both reference and loop-back signals are normalized to one. The outputs of the multiplier are filtered by a ResistorCapacitor low-pass filter to generate a weighting coefficient w m,k (l, t) which will modify another version of the delayed reference signal. The signals at output of all taps are added together to obtain the cancellation signal y m (t) to subtract the SI z m (t). The residual signal is amplified and looped-back to the input of all adaptive filters. Assuming that the SI channel between a pair of transmit and receive antennas includes L taps with the tap delay T d equal to that in the ALMS loop.
The
where
, is the l-tap of M × N SI channel coefficients matrix and H * denote the complex conjugate of all elements of the matrix H.
At the input of the M receiver chains, the vector of received signals is expressed as r(t) =
where Z m (t), S r m (t), and N m (t) are the low-pass equivalents of the SI signal, desired signal and additive Gaussian noise at the m-th receiver chain. To cancel the SI, a vector of cancellation signals at all M receiver chains are generated as
is the M × K weighting coefficient matrix, and w m,k (l, t) is the weighting coefficient of the l-th tap in the k-th ALMS loop at the m-th receiver chain. Similar to Eq. (5) in [7] , W(l, t) is calculated by
where K 1 and K 2 are the dimensional constants of the multipliers, 2µ is the gain of the LNA, α = 1/RC is the decay constant of the LPF with resistance R and capacitance C, and 0 ≤ t 0 < T s is an initial starting time.
III. STATIONARY ANALYSIS
In this section, we apply stationary analysis to analyze the convergence behaviors of all ALMS loops. For stationary analysis, both ensemble expectation and time averaging operations, denoted asĒ{.}, are applied to evaluate the random processes. The normalized auto-correlation functions of the transmitted signals are defined as
Applying the assumption in (3) into (7), we have
Ts 0 p * (t)p(t − τ )dt is the normalized autocorrelation function of the transmitted signal at the k-th beam. Since all the transmit chains in both main paths and auxiliary paths are assumed to be the same, we have
The SI power at the m-th receiver chain is calculated as
Extending (9) in the full form of L and M , we have the total SI power at all M receiver chains is expressed as
Similarly, the residual SI power at m-th receiver chain can be calculated as
j2πfclT d as the vector of weighting error functions which shows the difference between the weighting coefficients of the l-th tap in K ALMS loops and the channel coefficients of the same tap in the SI channel at the m-th receiver chain. The expression of P RIm (t) becomes
From (13), we need to derive the vectorū(t) to evaluate the performance of the adaptive filters.
Representing the definition of the weighting error functions in the matrix form, i.e., U(l,
where U(l, t) is a M × K matrix of u m,k (l, t). From (6), we have
Assuming that the transmitted signals are independent to the desired signals and noise, applying both ensemble expectation and time average over one T s with respect to the starting time t 0 for both sides of (14), we obtain
Applying vectorization to both sides of (15) and then extending to the full form of L-taps, (15) becomes
Denote Ψ = I M ⊗ Θ T and note that Ψ can be decomposed as Ψ = QΛQ −1 where Q is the orthonormal modal matrix whose columns are the M × K × L eigenvectors of Ψ, and Λ is a diagonal matrix whose diagonal includes eigenvalues
Following the steps shown in [7] , we obtain the solution of the weighting error functions asū
whereλ = Φ(0).
To evaluate the performance of the proposed structure under different scenarios, we define the interference suppression ratio (ISR) as ISR(t) = P RI (t)/P I (t). From (10), (13) , and (17), when t → ∞, ISR(t) converges to its stable value, denoted as ISR
To evaluate ISR over many realizations of the SI channel, we define the averaged interference suppression ratio ISR =Ē h {ISR} whereĒ h stands for expectation over the SI channel. Fig. 3 presents ISR obtained by averaging over 1000 realizations of the SI channel whose coefficients are assumed to be independent and have Gaussian distribution with zero mean. We can see that ISR is almost stable with different number of transmit and receive antennas as well as the number of beams. It means that the beam-based cancellation architecture works as expected and the level of SI mitigation can be determined by the performance of the adaptive filters.
IV. SIMULATION RESULTS
The simulations are performed for beamforming FD MIMO systems with the distance between antenna elements is selected at a half of wave-length. The QPSK modulated data symbols for all beams have duration of T s = 20 ns and the carrier frequency is f c = 5 GHz. The transmit chains in both main paths and auxiliary paths employ root-raised cosine filters with roll-off factors β = 0.25. The power of the transmitted signal per antenna is 0 dBm, and the multiplier dimensional constants are
The LNA gain 2µ in all the receiver chains is selected as µ = 10. The ALMS loop is designed with L = 8 taps and the tap delay is selected as T d = T s /2. The SI channel between a pair of transmit and receive antenna is modeled with L = 8 taps and the propagation delay of each tap is the same as that in the ALMS loop. The propagation losses of all SI channels are set to be 25 dB.
In the first simulation, an 8 × 8 FD MIMO system is simulated with two cases of the number of beams K = 2 and K = 4. In the second simulation, the number of beams is fixed at K = 2 for a 4 × 4 and 8 × 8 FD MIMO systems. The SI powers and residual SI powers in the first and second simulations are plotted in Fig. 4 (a) and (b), respectively. From these figures, the theoretical results match the simulated results in all cases which confirm the theoretical analyses presented in Section III. We can also see that the level of the SI power increases with the number of beams and transmit antennas. However, the ISRs in all cases are almost the same at t = 8000T s .
V. CONCLUSION
In this paper, we have presented a novel beam-based analog SI cancellation architecture for FD MIMO systems. By using up-converted beam data as reference signals for the ALMS loops, the number of cancellation circuits is significantly reduced to be proportional to the number of transmit beams. Theoretical analyses and simulation results show that the level of cancellation is determined by the performance of the ALMS loop rather than the quantities of beams as well as transmit and receive antennas.
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